ABSTRACT
INTRODUCTION
The current trend back toward hardware intensive signal processing has uncovered a relative lack of understanding of hardware signal processing architectures. Many hardware efficient algorithm exists, but these are not generally well known due to the dominance of software systems over the past quarter century. Among these algorithms is a set of shift-add algorithms collectively known as CORDIC for computing a wide range of functions including certain trigonometric, hyperbolic, linear and logarithms functions. Since the last few years, the implementation and application of CORDIC (COordinate Rotation Digital Computer) arithmetic continue to evolve into very useful areas because of its numerical stability, efficiency in evaluating trigonometric functions and hyperbolic transformations, hardware compactness and computational simplicity [4] . The CORDIC algorithm was originally developed as a digital solution for real time navigation problems. The original work was credited to Jack Volder [3] . Extensions to the CORDIC theory based on work by John Walther [5] and others provide solutions to a broader class of functions. The CORDIC algorithm has found its way into diverse applications including the 8087 math coprocessor [6] , the HP-35 calculator, radar signal processors and robotics [7] . In the field of signal processing, CORDIC method has been employed successfully for a wide range of applications like performing FFT, DCT, DST, SVD and other matrix operations, filtering and array processing [3] . For the case of the LMS based adaptive filters, however, the CORDIC based approach has so far remained confined largely to lattice filters [8] because the computations in each stage of the lattice filter can be related easily to a set of hyperbolic operations, while no such direct hyperbolic, or, trigonometric interpretation exists for the computations present in the transversal filter. But two new versions of the LMS algorithm (Trigonometric LMS (TLMS) [1] and Hyperbolic LMS (HLMS) [2] ) were proposed which can be realized by CORDIC. In [1] and in [2] , The TLMS and the HLMS algorithms were simulated extensively but all of those simulations were performed by exploiting the software-generated output of CORDIC blocks directly. In this paper, the convergence performance of the TLMS and the HLMS algorithms were verified by using internal step-by-step CORDIC rotations for 16 and 32 steps. The obtained simulation results are highly satisfactory and a few of these are shown here. The main scope of the present work is to verify the convergence performance of the TLMS and HLMS algorithms by using internal stepby-step CORDIC rotations. Studies have been made on the internal configuration of the CORDIC block, on the steps or rotations performed by the actual hardware and on the characteristics of TLMS and HLMS algorithms. The simulations performed by the former researchers to observe the convergence behaviour of the two popular algorithms have been studied which used direct output of CORDIC block. Here, in our present work, actual steps performed by CORDIC hardware are considered which was never attempted before. Now the simulations are performed using internal step-by-step CORDIC rotations to observe the actual characteristics of the TLMS and HLMS algorithms. Comparisons have also been made between convergence performance of TLMS and HLMS algorithms using direct output of CORDIC block and convergence performance using step-by-step CORDIC rotations to investigate if they converge at all, if so how well they actually converge.
REVIEW OF THE LITERATURE
Filtering has become an unavoidable phenomenon in the field of Digital Signal Processing. Data or signal gets distorted or become corrupted as it transmits through a transmission medium before reaching the receiving end because of some impairments such as inter symbol interference (ISI) [10] . In this situation, if the recipient makes any decision based on the received signal, it is most likely that the results would be erroneous. That's why digital data transmission or telecommunication badly needs filtering/equalizing, so that data are to be recovered at the receiving end accurately and efficiently for high speed data transmission. Equalizer [11] , [12] is one such functional unit that tries to nullify the adverse effects of ISI on the transmitted signal generally introduced by time dispersive, band limited communication channels. The basic structure of an automatic adaptive equalizer is very much similar to that of an adaptive filter where the weights are adjusted to minimize the average error power at the output with respect to the transmitted symbols. High processing speed in the context of convergence speed can be achieved through two popular approaches: pipelining [13] and parallel processing [14] . In this dissertation, an attempt has been made to develop several new pipelined architectures for a class of adaptive equalizers based on the least mean square (LMS) [15] family of algorithms and to examine in depth various issues pertaining to their implementation. LMS is one of the most well known adaptive algorithms, which updates the filter coefficients by using an approximate version of the steepest descent procedure [16] . Although CORDIC [3] [5] realization of filtering algorithms has been worked upon vastly, research works to improve the performance of filters/equalizers are going on. The fundamental operations in almost all the adaptive equalizers are suitable to be carried out by multiply-accumulate (MAC) [17] units due to the some specific requirement of operation both in filtering as well as in weight updatation. Now-a-days the CORDIC algorithm for realizing filtering algorithms is taking important role on stage of research works in the field of DSP. Since the last two decades, the implementation and application of CORDIC arithmetic continue to evolve into very rich and useful areas as it offers a unified iterative formulation to efficiently evaluate many elementary functions such as trigonometric, hyperbolic, exponential, logarithmic etc [5] . For the case of the LMS based adaptive filters, the CORDIC approach has so far been applied only to the gradient adaptive lattice (GAL) [18] filters, primarily because the computations in each stage of the lattice can be related to a set of hyperbolic rotations. However, more extensive work in this area was carried out by Hu et al [8] , who proposed a "CORDIC Adaptive Lattice Filter" (CALF) that directly updates the rotation parameters for each stage instead of the reflection coefficients. Two new versions of the LMS, viz. the trigonometric LMS (TLMS) and the hyperbolic LMS (HLMS) algorithms have been proposed. CORDIC realization of the transversal adaptive filter using trigonometric LMS algorithm was proposed by M. Chakraborty, A. S. Dhar and Suraiya Pervin [1] . Another excellent work was done on CORDIC realization of transversal filters by M. Chakraborty, Suraiya Pervin and T. S. Lamba. They used hyperbolic LMS algorithm in their realization [2] . But both of the works used direct CORDIC output ignoring the internal step-bystep CORDIC rotations. In this situation a question still remains of whether the TLMS and HLMS algorithms perform satisfactorily if the actual steps of the CORDIC hardware is used. In present work, an attempt have been made to implement the TLMS and the HLMS algorithms using the internal step-by-step rotations of the CORDIC hardware. Some comparisons have also been made between the previous work results and the present work results to yield the actual characteristics of the two popular algorithms. As far as present work is concerned, some of the references mentioned may seem loosely linked. However, all the works inspired the present workers to proceed with their work and provided enough resources to realize the details of Digital Signal Processing.
CORDIC ALGORITHM
CORDIC [3] is an iterative arithmetic algorithm which provides a unified iterative formulation to efficiently evaluate many elementary functions such as trigonometric, hyperbolic, exponential, logarithmic etc. Specifically, all the evaluation tasks in CORDIC are formulated as a rotation of a 1 2 × vector in various coordinate systems. The basic concept of the CORDIC computation is to decompose the desired rotation angle into the weighted sum of a set of predefined elementary rotation angles such that the rotation through each of them can be accomplished with simple shift-and-add operation. Given a rotation angle θ , it is represented in this method as [4] :
where M is the total number of elementary rotation angles and the i-th angle i α is given by: 
The scaling operation is required to make sure that after rotation, the final coordinate . That is, In conventional format, the CORDIC equations for circular rotation [9] can be written as
where,
and for hyperbolic transformation,
The convergence relationship for CORDIC can be portrayed as:
This inequality is fulfilled by the CORDIC circular rotation but not by the hyperbolic rotation for the reason that
For this reason, some "double pass" operations are needed to perform hyperbolic rotations.
Counter clockwise rotation (circular) of a vector 
, the equations (13) and (14) can be recursively updated as 
From (15b), we get, 
Since it depends on 'M' only, M K is a machine constant.
The 32 elementary angles for CORDIC circular rotations are shown in Table- 1.
In case of hyperbolic rotation, the scaling factor can be derived as, 2, 3, 4, 5, 5, 6, 7, 7, 8, 8, 9, 10, 11, 12, 13, 13, 14, 15, 15, 16, 17, 17,18, 19,  19, 20, 20, 21, 21, 22, 22, 23, 24, 24) . Table 1 
Basic CORDIC Processor
The internal configuration of a CORDIC processor is shown in Fig. 1 . It consists of two functional modules: (i) the CORDIC operation module and (ii) the angle updating module. The CORDIC operation module performs CORDIC iterations specified in eq. 
THE TRIGONOMETRIC LMS ALGORITHM
In TLMS based adaptive filter, the k-th weight is expressed as
(N is number of taps) and k A is a member of a set of selected N positive numbers so that the minima of the error performance surface is contained in the hypercube with vertices:
. Instead of updating weight, θ is updated in this algorithm. For
, the output and updatation equation of TLMS algorithm can be given by,
and 
. The normalization factor r A can be clubbed with the gain of the front-end amplifier. Therefore, in the present context, the output and update expressions of TLMS reduce to the following forms:
For the HLMS algorithm, eq. (23) and (24) express in the following way:
The architecture of the TLMS and the HLMS based adaptive filter is shown in Fig. 2 .
SIMULATIONS
For the simulation of the TLMS and the HLMS algorithms software based model of the TLMS and the HLMS based adaptive filters have been developed using C programming language. Each of these consists of three functional modules:
i) Module to generate transmitted signal: Here, digital signals, which are discrete in time and discrete in amplitude, are generated. The transmitted symbols were chosen from an alphabet of 16 equispaced, equiprobable discrete amplitude levels with transmitted signal power of 10 dB.
ii) Module for modeling the channel: In this paper, we present simulation results for filtering an AWGN channel with transfer function
and noise variance 0.077.
iii) Filtering module: This module is used to recover the transmitted signal. A 15 tap equalizer with center placed at the 8-th tap position was used for equalizing the channel and a step size of µ = .0004 was adopted for theta adaptation. For each updated value of theta this module calls a submodule, which computes sine and cosine values using 16 or 32 steps of CORDIC rotations.
Simulation result for the TLMS algorithm using 16 internal CORDIC rotations is presented in Fig. 3 . The convergence performance of the same algorithm is observed using 32 steps CORDIC rotations that is given in Fig. 4 . In Fig. 5 , the convergence characteristic of the HLMS method is verified utilizing 32 steps rotations. 
CONCLUSIONS
Adaptive filter is an important part of DSP. An adaptive filter is evaluated by certain criteria. Most important ones of those criteria are robustness, convergence, hardware complexity, cost of implementation, effectiveness etc. Several adaptive filtering algorithms have been proposed to meet the criteria. Among those, LMS [15] is the most widely used algorithm. Trigonometric LMS and Hyperbolic LMS are the two new versions of the LMS algorithm which can be efficiently implemented by CORDIC [3] [5] . Although numerous research works have been done on the CORDIC algorithm and its use in implementation of the popular LMS algorithm, none of those works focused on the internal steps performed by the CORDIC processor. The convergence performance of the TLMS [1] algorithm and HLMS [2] algorithm was observed using CORDIC in some works. But the actual step-by-step rotations performed by the CORDIC hardware were never considered in any of those research works. Only the final and direct output of CORDIC block was used in implementation of the TLMS and HLMS algorithm. Though the results , that is, the convergence performance of the two algorithms using CORDIC block output directly were quite satisfactory , still there remains a question ,does the CORDIC block gives the same or nearly the same satisfactory result if its actual hardwired shifts and adds, namely the steps are considered in implementation? Our present work tried to solve the question. Previous works on implementation of the TLMS and HLMS algorithm using direct CORDIC block output were studied. Extensive works are done to simulate the internal step-bystep rotations of the CORDIC algorithm which will actually be followed in hardware. Finally the TLMS and HLMS algorithms are implemented using the actual steps, that is the shifts and adds performed by the CORDIC, and what we achieved was intensively satisfactory. The performances of these two algorithms were highly convincing. So we can conclude that the TLMS and HLMS implementation using CORDIC processor will be profoundly efficient.
